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SPECIFICATION 



TO ALL WHOM IT MAY CONCERN: 

Be it known that we, Abdul Ghafoor Akram, a citizen of the United States, 
residing at 12609 Cannbridge Avenue, Grandvlew, Missouri 64030; Frank 
Anthony DeNap, a citizen of the United States, residing at P.O Box 802, Millbrae, 
CA 94030; and Stanley Chum, a citizen of the United States, residing at 3004 
Woodside Terrace, Fremont, CA 94539, have invented a: 

METHOD AND APPARATUS FOR SIMULTANEOUS MULTILINE 
PHONE AND DATA SERVICES 
OVER A SINGLE ACCESS FACILITY 

the following of which is a specification. 
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RELATED APPLICATIONS 
Not applicable 

FEDERALLY SPONSORED RESEARCH OR DEVELOPMENT 
Not applicable 

MICROFICHE APPENDIX 
Not applicable 

BACKGROUND OF THE INVENTION 

1 . FIELD OF THE INVENTION 

This invention relates to telecommunications systems, and more 
particularly to a phone system for providing simultaneous multiline telephone and 
data calls over a single access facility. 

2. DESCRIPTION OF THE PRIOR ART 

Telephone customers, especially residential customers, are desirous of 
being able to simultaneously support multiple telephones calls while accessing 
data services including the Internet World Wide Web. This demand is being 
driven by the explosive gro\Arth of home computers, fax machines, and the need 
for multiple phone numbers for a single residence. Currently, about one-third of 
the American households have more than one phone line, and one-half of the 
American households have personal computers with a significant number of 
these households accessing the Internet World Wide Web. 

As each standard analog phone line offered by telephone companies 
currently supports the use of a one telephone service at a time (e.g., a voice call, 
or a data call), customers must have installed multiple telephone lines to 
simultaneously use multiple calls. For example, two analog lines are needed to 
simultaneously make a telephone call while using a personal computer to access 
the Internet; three lines are required for two phone calls and one data call; and 
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four analog telephone lines for two phones calls, one fax call, and one data call. 
This becomes quite expensive to have several simultaneous calls as the 
customer must pay for each phone line, usually on a monthly basis. 

Another limitation to providing a plurality of phone lines to the vast 
majority of residences is the limited embedded copper plant of telephone 
companies. Typically, each phone line is provided over a single twisted copper 
pair to the residence, with each residence having only one or two twisted pair to 
the telephone company. Thus, many customers are limited to simultaneously 
operating one or two telephonic devices. Therefore, customers are desirous of a 
service which allows the placement of a plurality of calls over a single analog 
telephone line. 

SUMMARY OF THE INVENTION 

According to the invention, a method and apparatus are disclosed for 
providing multiline telephonic and data services over a single access facility. In 
one embodiment of the present invention, a wall unit is located at a customer 
premises which terminates a single analog phone line and adaptively multiplexes 
a plurality of telephonic and data calls over the single analog phone line. A 
corresponding gateway server (or a plurality of gateway servers), which supports 
one or a plurality of wall unit calls, is located in the public switched telephone 
network ("PSTN") (or possibly in a private telephone network). The gateway 
server communicates with one or more active wall units to extract one or more 
telephonic and data calls from the analog signal produced from a wall unit, and 
to appropriately route the telephonic calls over the PSTN and the data packets 
over the Internet or to other data services. 

The wall unit plugs into a standard analog telephone outlet at home, and 
communicates to the PSTN over an analog phone line over a single twisted pair. 
The wall unit is powered by standard commercial power with battery backup. 
The wall unit uses the telephone number of the analog phone line. The 
telephonic and data devices connected to the wall unit are each assigned 
individual virtual phone numbers by the provider of the service embodying this 
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invention. To reach one of these devices, its respective virtual telephone 
number is used. The virtual phone numbers are published across the PSTN and 
therefore can be reached from anywhere on the PSTN. In this manner, the 
present invention provides multiple and simultaneous telephone calls and PC 
Internet access to the World Wide Web, to and from a residence or other 
customer location. 

In a second embodiment, virtual phone numbers are not required. Rather, 
the provider of a service embodying the present invention "intercepts" incoming 
calls specifying a subscribing residence's phone number, and routes them 
through the gateway. When an interchange carrier or alternate service provider 
offers this service, the modem connection between the residence and service 
provider is preferably established at all times; and calls initiated from the local 
telephone company are call-forwarded-on-busy to the gateway server. 

The gateway server is the equipment installed at the service provider point 
of presence. It provides the overall system control functions, and serves as a 
gateway between the households, Internet world and the public switched 
telephone network. All calls to/from a wall unit will be processed by a gateway 
server. Depending on the types of calls, the gateway server will route or connect 
the call to either the Internet or PSTN. The present invention applies industry 
standard technology and protocols to solve a long felt, and significant need to 
provide multiple, simultaneous telephone and/or data calls over a single analog 
telephone line. 

The wall unit and gateway server communicate with each other via a 
standard modem connection. When an incoming or outgoing call is detected by 
either a wall unit or a gateway server, a session is established between the 
originating/destination wall unit and the destination/originating gateway server if 
a connection is not already pending. The telephone signals are digitized, 
compressed, packetized, and sent across the connection, with the other side 
extracting and appropriately processing the incoming signal. In one 
embodiment, G72x protocol (e.g., G729.1) is used to encode a voice call to 
between 8 and 16 KBPS. Thus, over a single 56 KBPS analog phone line, three 
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simultaneous voice calls can be accommodated. The data channel is usually 
assigned a lower priority than the telephonic traffic, and can use all the 
bandwidth of the analog phone line unused by the telephonic calls. 

The present inventions includes a system for providing multiline service, 
the system comprising: a modem for exchanging communications signals with a 
communications network and for exchanging an incoming digital signal and an 
outgoing digital signal with a statistical multiplexor; the statistical multiplexor for 
exchanging the incoming digital signal and the outgoing digital signal with the 
modem, for multiplexing a plurality of outgoing encoded signals from a plurality of 
telephonic devices into the outgoing digital signal, and for demultiplexing the 
incoming digital signal into a plurality of incoming encoded telephonic call 
signals; and at least one call processing element coupled to the statistical 
multiplexor for converting the plurality of incoming encoded telephonic call 
signals into a plurality of incoming phone signals, and for converting a plurality of 
outgoing phone signals into the plurality of outgoing encoded telephonic signals. 

Moreover, the present invention includes a system for simultaneously 
providing multiline phone and data service, the system comprising: a modem for 
exchanging communications signals with a communications network and for 
exchanging an incoming digital signal and an outgoing digital signal with a 
statistical multiplexor; the statistical multiplexor for exchanging the incoming 
digital signal and the outgoing digital signal with the modem, and for multiplexing 
an outgoing encoded telephonic call signal and an outgoing data signal into the 
outgoing digital signal, and for demultiplexing the incoming digital signal into an 
incoming encoded telephonic call signal and an incoming data signal; and a call 
processing element coupled to the statistical multiplexor for converting the 
incoming encoded telephonic call signal into an incoming phone signal, and for 
converting an outgoing phone signal into the outgoing encoded telephonic signal. 

The present invention also provides for A system for providing multiline 
calls, the system comprising: a modem for exchanging customer signals over a 
telephone line having encoded therein a set of multiline calls, and for 
communicating incoming and outgoing digital signals with a statistical 
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multiplexor; the statistical multiplexor for exchanging the digital signals with the 
modem, and for multiplexing at least one outgoing encoded telephonic call signal 
from a telephone network into the outgoing digital signal, and for demultiplexing 
the incoming digital signal into at least one incoming encoded telephonic call 
signal; at least one call processor coupled to the statistical multiplexor for 
converting the at least one incoming and outgoing encoded telephonic call 
signals into at least one telephone network call, and for providing the at least one 
telephone network call to a gateway switch for communicating over the 
telephone network; and a control coupled to the at least one call processor for 
controlling the call processor and for exchanging signaling information with the 
gateway switch. 

The present invention includes a computer-readable medium containing 
computer-executable instructions for performing steps comprising: receiving a 
voice call setup request from a remote wall unit; initiating a telephone call set-up 
over the public switched telephone network using Signaling System 7 (SS7) 
protocols in response to receipt of the wall unit voice call setup request; and 
connecting a call from the wall unit to the public switched telephone network by 
sending signaling messages to the wall unit in response to receipt of a SS7 
messages from the public switched telephone network indicating the call is 
completed to a destination specified in the voice call setup message; converting 
a Voice Over Internet Protocol encoded signal received from the wall unit to a 
voice signal recognizable by the public switched telephone network; and 
converting a voice signal incoming from the public switched telephone network 
into a Voice Over Internet Protocol encoded signal for transmission to the wall 
unit. 

BRIEF DESCRIPTION OF THE DRAWINGS 

The appended claims set forth the features of the present invention with 
particularity. The invention, together with its advantages, may be best 
understood from the following detailed description taken in conjunction with the 
accompanying drawings of which: 
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FIG. 1 is a block diagram of an exemplary network environment in which 
the invention may be implemented; 

FIG. 2 is a schematic block diagram of one embodiment of the wall unit; 
FIG. 3 is a block diagram of one embodiment of the gateway server; 
FIGs. 4A-4D are high-level flow diagrams describing the steps performed 
by the wall unit in placing and receiving phone and data calls; and 
FIGs. 5A-B are high-level flow diagrams describing the steps performed 
by the gateway server in originating and terminating calls. 

DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENT 

With reference to FIG. 1 , an exemplary network system for implementing 
the invention includes a customer residence 100 and a public switched 
telephone network (PSTN) 150. As contemplated by the present invention, this 
invention could be practiced in any customer location implementing the wall unit 
functionality and with a public or private network implementing the gateway 
server functionality as described herein and as would be understood by one 
skilled in the art. 

In one embodiment of the present invention for an interexchange carrier 
to offer a service comprising the present invention, a residence 100 includes a 
wall unit 1 1 0 for communicating over a single access facility (e.g., a telephone 
line) with the gateway server 180 of an interchange carrier via a local switch 160 
and a gateway switch 1 70. Alternatively, the gateway server 180 could be 
connected directly to the local switch 160 for a local exchange carrier provided 
service comprising the present invention. The wall unit 110 allows multiple 
customer premises equipment (e.g., phones 111, 112; facsimile machine 113; 
and computer 1 14) to simultaneously communicate over a single analog 
telephone line as described herein. The present invention is not limited four 
devices connected to the wall unit 110. Rather, in keeping with the scope and 
spirit of the present invention, a wall unit supporting additional combinations of 
the number of analog and digital devices is contemplated, and is a design 
decision based on market considerations and on current compression and 
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encoding technology as the bandwidth of the telephone line limits the number of 
simultaneous connections. 

Tuming now to FIG. 2, shown is a block schematic of one implementation 
of the wall unit 110 according to the present invention. The wall unit 110 
compresses and encodes the data and voice signals of the connected devices 
and transmits the compressed and encoded signal to the gateway server 180. 
Beginning with the customer premises equipment (CPE) side of the wall unit 100 
as shown on the left side of FIG. 2, three RJ14 ports 261-263 are provided for 
connecting to analog telephonic equipment, such as phones 111, 112 and 
facsimile machine 113 (FIG. 1). In addition, data port 264 is provided for 
connecting to a digital device, such as computer 114. Telephonic ports 261-263 
are electrically connected to bypass elements 241-243 for electrically connecting 
RJ14 ports 261-263 to line 215 (which carries the incoming analog phone signal) 
in case of power or other failure of the wall unit 110. In one embodiment, 
bypass elements 241-243 comprise electromechanical relays. Bypass control 
240 controls bypass elements by monitoring the power source 280 for operating 
the wall unit 110, and optionally connects to the wall unit system control 270 for 
receiving notification of other errors (e.g., software or control errors). 

When the wall unit is functioning properly, the analog telephone devices 
connected to RJ14 ports 261-263 are electrically connected to call processing 
unit 230, which compresses and encodes signals of these devices using Voice 
Over Internet Protocol (VOIP) technology (represented as elements or modules 
231-233). These VOIP signals are communicated to/from statistical multiplexor 
220 (which is alternatively a router). The output of statistical multiplexor 220 is 
electrically connected to modem 210 which compresses and encodes the signal 
to/from statistical multiplexor 220. In addition, data port 264 is electrically 
connected to statistical multiplexor 220. The analog side of modem 210 is 
connected to RJ1 1 port 21 1 for connecting the wall unit 1 10 to a standard analog 
telephone line. 

The overall operation of wall unit 1 10 is controlled by system control 270, 
which coordinates the activities of the components of the wall unit and 
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communicates signaling information with the gateway server 180. System 
control 270 typically comprises a computer such as a microprocessor and 
computer-readable medium or storage (e.g., ROM, RAM, or external storage 
devices) storing instructions which are computer-executable by the system 
control 270. 

mfesA^al! unit 110 further comprises CPE interface circuitry 250 under the 
control of systemt^QjTtrol 270. The CPE interface circuitry 250 provides standard 
telephone interface functteqs, including providing D.C. power, detecting on-hook 
and off-hook conditions, providingring current, and ring-back and busy tones. 
The overall operation and control of wM^nit 1 10 is described hereinafter in 
relation to the flow diagrams illustrated in RQs, 4A-D. 

Turning now to FIG. 3, illustrated further is gateway server 180. Gateway 
server 180 is connected to gateway switch 170 via three sets of lines: PSTN 
access lines 372 for communication between the gateway server 180 and wall 
units 110, PSTN access lines 374 for placing and receiving voice calls over the 
PSTN; and signaling link 376 for communicating signaling information such as 
call setup, termination and other SS7 messages with the PSTN. Gateway server 
180 is alternatively connected to an SS7 network via another network device. 
Furthermore, control 350 controls the statistical multiplexor 320 over signal line 
356, the modem pool 31 0 over signal line 354, the call processing unit 340 over 
signal line 352. Control 350 typically comprises a computer, such as a 
microprocessor and computer-readable medium or storage (e.g., ROM, RAM, or 
external storage devices) storing instructions which are computer-executable by 
the control 350. 

"""^^Salls from/to the wall units 110 (Fig. 1) are received/initiated by the 
modem pool sYOsaqder the direction of control 350 via signaling messages over 
line 354. The resulting^igtt^lsignal is communicated between statistical 
multiplexors 320, which then roufe^oice related signals to call processing unit 
340 over line 345 and data calls over lirress^5 to router 330. Call processing unit 
340 manipulates the voice call signals by converting between standard analog 
telephone signals which are carried across a PSTN rfetv^^ork and VOIP encoded 
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signals to/from wall units 110. Router 300 routes incoming and outgoing data 
packets to the Internet 390 over line 395. Further operation of gateway server 
180 is described hereinafter in relation to flow diagrams illustrated in FIGs. 5A-B. 

Turning now to FIGs. 4A-D, shown are flow diagrams for processing by 
the wall unit 1 10 for incoming and outgoing phone and data calls. First, FIG. 4A 
illustrates the processing by the wall unit 1 10 for initiating a phone call. 
Processing begins at step 400. Then, processing loops at step 402 until an off- 
hook condition of ports 261-263 is detected by CPE interface circuitry 250 (FIG. 
2). Then processing continues to step 404 where dial tone is generated by CPE 
interface circuitry 250 on the appropriate line 251 , 252 or 253. 

Next, processing branches at point 406 to simultaneously (1) establish 
connection to the gateway server 180 if necessary as determined in steps 412 
and 414, and (2) to process step 410 to collect the dialed phone number digits 
(i.e. DTMF tones) by call processing element 230. Processing of flow diagram 
4A joins at point 416, and continues with step 418 where the voice call is 
completed. To complete the call, call processing element 230 converts the 
collected phone number to call setup Internet Protocol data packets which 
conform to the H.323/Q.931 protocol. These data packets are multiplexed by 
statistical multiplexor 220 with data from other ports 261-263 and sent to 
gateway server 180. Once the call is established, the VOIP digital signal 
processor element 231-233 starts the analog to digital conversion and the 
compression of the voice of the local user using G72x protocol. It is then 
packetized using the IP protocol and sent to the gateway server 180. The 
gateway server 180 receives the voice, decompresses it, converts it to an analog 
signal and puts it on to the PSTN. Simultaneously, the compressed voice data is 
received by the wall unit 1 10, is decompressed using the same data path, and is 
put on the phone line for the user in a full duplex operation. When the telephone 
call is done as determined in step 420, the call is terminated in step 422, which 
can include sending and receiving signaling messages with the gateway server 
180, and optionally, immediately or after a predetermined time delay of inactivity. 
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the modem connection with the gateway server 180 is terminated if no other 
voice or data call is in progress. 

Turning now to FIG. 4B, illustrated are the steps performed by the wall 
unit 1 10 in receiving a voice call. Processing begins at step 430, where step 432 
is repeated until the modem 210 establishes a call with gateway server 180. 
Then, in step 434, appropriate call setup codes are received by the wall unit 110 
using H323 signaling protocol. Each telephonic port 261-263 is assigned a 
different virtual phone number. In step 436, if the port corresponding to the 
incoming telephone call is busy, processing continues at step 446 to terminate 
the call by sending appropriate signaling messages to the gateway server that 
the call could not be completed. 

thenA^ise, in step 438/the CPE interface circuitry 250 generates a ring 
signal on the appropriate port 261-263. If the phone is answered as determined 
in step 440, a^ignaling message is sent to the gateway server 180 by system 
control 270 and the voice session commences. When the call is completed as 
determined in step\44 6ither by a telephonic device going on-hook or the receipt 
of a call termination ni^sage from gateway server 180, then the call is 
terminated in step 446, which is also the case if the phone is not answered as 



determined in step 440. 

Turning now to FIG. 4^3^ illustrated are the steps performed by wall unit 

1 10 for a data call originated omdata^r^^4^^ Processing begins at step 450,^ 

where the wall unit 110 waits for asrequest for data call as indicated by the 

looping of step 452.'^ Then, step 454^3 performed to determine if a session with 

\ / 
the gateway server 180 is already estal^lished. If not, step 456 is performed to 

connect to the gateway server. Next, the^all is completed and the data traffic is 

routed within the gateway server 180 througXrouter 330 to the Internet 390. 

When the data call is done as determined in stepi,460, the call is terminated in 

step 462. 

Turning now to FIG 4D, illustrated are the step^erformed by wall unit 
1 10 for receipt of a data call to terminate on data port^640 Processing begins at 
step 470, where the wall unit 110 waits for a modem connection with the 
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iteway server 180 as indicated by the looping of step 472. After the nnodem 
connection is established, step 474 is performed to receive the call setup 
messages. If data port 264 is not busy and the device attached to port 264 is 
accepting calls as determined in steps 476 and 478, the call is connected in step 
480 which\;auses the data call to be extracted from the statistical multiplexor 
220 and routed to data port 464/ When the call is completed (e.g., no data traffic 
for a predeterrnined amount of time) as determined in step 482, the call is 
terminated in step 484. 

Turning nowi to FIG. 5A, illustrated are the steps performed by the 
gateway server 180 rn originating a call to the wall unit 110. Processing 
commences with step^OO. In step 502, control 350 of the gateway server 
determines whether there exists a modem session with the appropriate 
destination. If not, step 56(4 is performed to establish such a session. Next, step 
506 is performed to send signaling information to wall unit 110. If a call is 
established with the customerspremises equipment connected to one of the ports 
461-464, the call is connected irr step 510. When the call is completed as 
determined in step 512, step 5141s performed to terminate the call. 

Turning finally to FIG. 5B, illustrated are the steps performed by the 
gateway server 180 in receiving a calmitiated by the wall unit 110. Processing 
commences with step 520. In step 522, ihe gateway server 1 80 waits for either 
a modem connection or a new call requesrover an existing modem connection. 
Next, st%^54)determines whether the call isva voice or data call. n 

For a data call, steps 530-536 are performed. First, in step(530,jthe data 
call is established by communicating signaling information with the wall unit 110 
and by establishing a logical communications channel between the statistical 
multiplexor 320 and router 330. Then, at step ^2^ab|<ets comprising the data 
call are routed between the wall unit 110 and the Interner^O. When the call is 
done, as determined in step 534, step 536 is performed to teFqiinate the data call 
and release the resources. 

For a voice call, steps 540-548 are performed. First, in step 540, the 
destination phone number is received through signaling messages between the 
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wall unit 110 and gateway server 180. In step 542, the gateway server initiates a 
call over the PSTN to the destination and upon receipt of a call connection 
message, step 544 is performed to connect the call from the PSTN to the 
appropriate port of the wall unit 110. When the call is done, as determined in 
step 546, step 548 is performed to terminate the data call and release the 
resources. 

In view of the many possible embodiments to which the principles of our 
invention may be applied, it will be appreciated that the embodiment described 
herein with respect to the drawing figures is only illustrative and should not be 
taken as limiting the scope of the invention. To the contrary, the invention as 
described herein contemplates all such embodiments as may come within the 
scope of the following claims and equivalents thereof. 



CLAIMS: 



We claim: 
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